Perceptual and neurophysiological enhancements in linguistic processing in musicians suggest that domain specific experience may enhance neural resources recruited for language specific behaviors. In everyday situations, listeners are faced with extracting speech signals in degraded listening conditions. Here, we examine whether musical training provides resilience to the degradative effects of reverberation on subcortical representations of pitch and formant-related harmonic information of speech. Brainstem frequencyfollowing responses (FFRs) were recorded from musicians and non-musician controls in response to the vowel /i/ in four different levels of reverberation and analyzed based on their spectro-temporal composition. For both groups, reverberation had little effect on the neural encoding of pitch but significantly degraded neural encoding of formant-related harmonics (i.e., vowel quality) suggesting a differential impact on the source-filter components of speech. However, in quiet and across nearly all reverberation conditions, musicians showed more robust responses than non-musicians. Neurophysiologic results were confirmed behaviorally by comparing brainstem spectral magnitudes with perceptual measures of fundamental (F0) and first formant (F1) frequency difference limens (DLs). For both types of discrimination, musicians obtained DLs which were 2-4 times better than non-musicians.
Introduction
Human communication almost always requires the ability to extract speech sounds from competing background interference. In reverberant settings, sound waves are reflected (from walls, floor, and ceiling) in an exaggerated manner resulting in a temporal overlap of the incident and reflected wavefronts. Because the reflected sounds travel along a longer path than the incident sound they arrive at the listener's ear delayed relative to the original, resulting in a distorted, noisier version of the intended message. As such, reverberation can have deleterious effects on an individual's ability to identify and discriminate critical information in the speech stream (Culling et al., 2003; Gelfand and Silman, 1979; Nabelek and Robinson, 1982; Yang and Bradley, 2009) .
It is important to note that the effects of reverberation on speech acoustics are fundamentally different than those of simple additive noise. Though both hinder speech intelligibility (Nabelek and Dagenais, 1986) , noise effects occur with the addition of a masking signal to target speech whereas the effects of reverberation arise primarily from acoustic distortions to the target itself (for synergistic effects, see George et al., 2008) . The deleterious effects of reverberation on speech intelligibility, as compared to quiet, can be ascribed to consequences of both "overlap-" (i.e., forward) and "self-masking" (Nabelek et al., 1989) . As segments of the speech signal reflect in a reverberant space they act as forward maskers, overlapping subsequent syllables and inhibiting their discriminability. In addition, the concurrent reflections with incident sound dramatically change the dynamics of speech by blurring waveform fine-structure. When acting on a time-varying signal, this "temporal smearing" tends to transfer spectral features of the signal from one time epoch into later ones, inducing smearing effects in the spectrogram (Wang and Brown, 2006) . As a consequence, this internal temporal smearing distorts the energy within each phoneme such that it can effectively act as its own (i.e., "self") masker. With such distortions, normal hearing listeners have difficulty identifying and discriminating consonantal features (Gelfand and Silman, 1979; Nabelek et al., 1989) , vowels (Drgas and Blaszak, 2009; Nabelek and Letowski, 1988) , and timevarying formant cues (Nabelek and Dagenais, 1986) in reverberant listening conditions. It should be noted that these confusions are further exacerbated with hearing impairment (Nabelek and Letowski, 1985; Nabelek and Dagenais, 1986; Nabelek, 1988) .
Recent studies have shown that musical experience improves basic auditory acuity in both time and frequency as musicians are superior to non-musicians at detecting rhythmic irregularities and fine-grained manipulations in pitch both behaviorally (Jones and Yee, 1997; Kishon-Rabin et al., 2001; Micheyl et al., 2006; Rammsayer and Altenmuller, 2006; Spiegel and Watson, 1984) and neurophysiologically (Brattico et al., 2009; Crummer et al., 1994; Koelsch et al., 1999; Russeler et al., 2001; Tervaniemi et al., 2005) . In addition, through their superior analytic listening, musicians parse and segregate competing signals in complex auditory scenes more effectively than non-musicians Nager et al., 2003; Oxenham et al., 2003; van Zuijen et al., 2004; Zendel and Alain, 2009 ). Intriguingly, their domain specific music experience also influences faculties necessary for language. Musicians' perceptual enhancements improve language specific abilities including phonological processing (Anvari et al., 2002; Slevc and Miyake, 2006) and verbal memory (Chan et al., 1998; Franklin et al., 2008) . Indeed, relative to non-musicians, English speaking musicians show better performance in the identification of lexical tones (Lee and Hung, 2008) and are more sensitive at detecting timbral changes in speech and music (Chartrand and Belin, 2006) . These perceptual advantages are corroborated by electrophysiological evidence which demonstrates that both cortical (Chandrasekaran et al., 2009; Moreno and Besson, 2005; Pantev et al., 2001; Schon et al., 2004) and subcortical Musacchia et al., 2008; Wong et al., 2007) brain circuitry tuned by long-term music training facilitates the encoding of speech related signals. Taken together, these studies indicate that a musician's years of active engagement with complex auditory objects sharpens critical listening skills and furthermore, that these benefits assist and interact with brain processes recruited during linguistic tasks Patel, 2008; Slevc et al., 2009) .
Though musical training can improve speech related behaviors in dry or quiet listening environments, the question remains whether this enhancement provides increased resistance to signal degradation in adverse listening conditions (e.g., reverberation) as reflected in both perceptual and electrophysiological measures. For the click-evoked auditory brainstem response (ABR), prolonged latencies and reduced wave V amplitudes provide neural indices of the effects of additive noise to non-speech stimuli (Burkard and Hecox, 1983a,b; Don and Eggermont, 1978; Krishnan and Plack, 2009) . Recently, Parbery-Clark et al. (2009a) have demonstrated that the frequency-following response (FFR) in musicians is both more robust and occurs with faster onset latency than in nonmusician controls when speech stimuli are presented in the presence of noise interference. In addition, behavioral tests showed that musicians are more resilient to the deleterious effects of background noise obtaining better performance at lower signal-to-noise ratios (i.e., more challenging listening conditions) on clinical measures of speech-in-noise perception (Parbery-Clark et al., 2009b) . These results suggest that musicians' strengthened sensory-level neural encoding of acoustic features is more resistant to noise degradation which in turn may contribute to their enhanced perceptual ability. However, to date, there are no published reports on the effects of reverberation on brainstem encoding of complex speech sounds.
As a window into the early, subcortical stages of speech processing we employ the electrophysiologic frequency-following response (FFR). The scalp recorded FFR reflects sustained phase-locked activity in a population of neural elements within the rostral brainstem and is characterized by a periodic waveform which follows the individual cycles of the stimulus (Chandrasekaran and Kraus, 2010; Krishnan, 2007) . The FFR has provided a number of insights into the subcortical processing of ecologically relevant stimuli including speech ) and music Kraus et al., 2009) . Furthermore, the FFR has revealed that subcortical experience-dependent plasticity enhances neural representation of pitch in life-long speakers of a tone language (Krishnan et al., 2005 (Krishnan et al., , 2009b (Krishnan et al., , 2010b and individuals with extensive music experience Lee et al., 2009; Wong et al., 2007) . Here, we compare the spectral properties of musicians' and non-musicians' FFRs in response to vowel tokens presented in various amounts of reverberation (Fig. 1) . The present framework allows us to assess whether or not there is a musician advantage to speech encoding in adverse listening conditions. We then compare properties of brainstem encoding to behavioral measures of pitch and first formant discrimination in reverberation to evaluate the role of subcortical sensorylevel processing on perceptual measures related to speech intelligibility.
Results

FFR temporal and spectral composition
Grand averaged FFR waveforms are shown for musicians and non-musicians per reverberation condition in Fig. 2 . Musicians' responses are more robust than those of non-musicians in clean (i.e., no reverb) and all but the most severe level of reverberation. The clearer, more salient response periodicity in musicians indicates enhanced phase-locked activity to speech relevant components (e.g., voice F0 and F1 harmonics) not only in clean but also adverse listening environments. Grand averaged autocorrelograms derived from individual FFR waveforms in response to the vowel /i/ in three different levels of reverberation are shown in Fig. 3A (mild condition not shown). In all conditions, musicians show stronger bands of phase-locked activity at the fundamental frequency (F0) than their non-musician counterparts. To quantify the effects of reverberation on temporal pitch-relevant information present in the neural responses, we normalized each time-lag in the autocorrelogram by the corresponding stimulus period. This normalization essentially removes the time-varying aspect of the signal by aligning each ACF slice according to the fundamental period (Sayles and Winter, 2008) . Averaging slices over time yields a single summary ACF describing the degree of phase-locked activity present over the duration of the FFR response. Time-averaged ACFs are shown for musicians and non-musicians as a function of stimulus reverberation in Fig. 3B . For both groups, the neural representation of F0 remains fairly intact with the addition of reverberant energy (i.e., magnitude of summary ACF energy at fundamental period is invariant to increasing reverberation, Fig. 3B ). Only with severe reverberation does the response magnitude seem to diminish. Yet, larger magnitudes in musicians across conditions illustrate their enhanced neural representation for pitch-relevant information in both quiet and reverberant listening conditions.
Grand averaged spectrograms and FFTs derived from individual FFRs (averaged over the duration of the response) are shown in Figs. 3C and D, respectively. Consistent with temporal measures of F0 (Figs. 3A and B) , these spectral measures show robust encoding at F0 in both groups with little or no change in magnitude with increasing amounts of reverberation, except for a reduction in magnitude in the severe reverberant condition. The effects of added reverberation on (Sayles and Winter, 2008; Watkins, 2005) . With increasing reverberation, spectral components (top row) and the time waveform (bottom row) are "smeared", resulting in a blurring of the fine time-frequency representation of the vowel (compare "dry" to "severe" condition). (E) FFT spectra over the duration of the stimuli as a function of reverberation strength. Smearing of high frequency spectral components (induced by blurring in the waveform's temporal fine-structure) is evident with increasing levels of reverberation. However, note the relative resilience of the fundamental frequency (F0: 103-130 Hz) with increasing reverb. first formant-related harmonics (mean spectral magnitude of response harmonics 2-4) are much more pronounced. Both groups show weaker, more diffuse encoding of higher harmonics relative to their responses in the dry condition (i.e., Fig. 3C , distorted energy in the spectrograms above about 200 Hz). Yet, compared to non-musicians, musicians still show larger magnitudes at F0 and its harmonics, indicating greater encoding of the "pitch" and formant-related spectral aspects of speech even in the presence of reverberation (Fig. 3D ).
2.2.
Brainstem magnitudes of F0 and formant-related harmonics FFR encoding of F0 is shown in Fig. 4A . A two-way mixedmodel ANOVA with group (2 levels; musicians and nonmusicians), the between-subjects factor, and reverberation (4 levels; dry, mild, medium, and severe), the within-subject factor, was conducted on F0 magnitudes in order to evaluate the effects of long-term musical experience and reverberation on brainstem encoding of F0 (note: a similar ANOVA model was used on all other dependent variables). Results revealed significant main effects of group [F 1,18 = 12.57, p = 0.0023] and reverb [F 3,54 = 9.37, p < 0.0001]. The interaction failed to reach significance [F 3,54 = 1.79, p = 0.16], indicating that musicians' F0 magnitudes were greater than those of the non-musicians across all levels of reverberation. For both groups, posthoc Tukey-Kramer adjusted multiple comparisons (α = 0.05) revealed that F0 encoding was affected only by the strongest level of reverberation (i.e., dry = mild = medium > severe). Together, these results imply that reverberation had rather minimal effect on brainstem representation of F0 for both groups and that musicians consistently encoded F0 better than non-musicians.
Formant-related encoding, as measured by the mean spectral magnitude of response to harmonics 2-4, is shown in Fig. 4B . The mixed-model ANOVA revealed significant main effects of group [F 1,18 = 24.29, p =0.0001] and reverb [F 3,54 = 20.57, p < 0.0001] on the representation of these harmonics. The group × reverb interaction was not significant [F 3,54 = 0.51, p = 0.68], indicating that musicians' encoding of formant-related harmonics was greater than non-musicians across the board. In contrast to F0 encoding, Tukey-Kramer multiple comparisons revealed that F1 harmonics were affected beginning as early as the mild reverberation (i.e., dry > mild) and that all higher levels of reverberation subsequently produced poorer encoding. Thus, although reverberation significantly degraded FFR encoding of F1 related harmonics in both groups, the amount of degradation was appreciably smaller in the musicians. Fig. 2 -Grand average FFR waveforms in response to the vowel /i/ with increasing levels of reverberation. Musicians (red) have more robust brainstem responses than non-musicians (black) in clean (i.e., no reverb) and all but the most severe reverberation condition. The clearer, more salient response periodicity in musicians indicates enhanced phase-locked activity to speech relevant spectral components not only in clean but also adverse listening environments. FFR, frequency-following response.
2.3.
Dry-to-reverberant response correlations
Dry-to-reverberant response correlations are shown per group in Fig. 5 . A mixed-model ANOVA revealed significant main effects of group [F 1,18 = 22.82, p= 0.0002] and reverb [F 2,36 =7.60, p= 0.0018] as well as their interaction [F 2,36 =3.92, p= 0.0288]. Multiple comparisons revealed that beginning with medium reverberation, musicians showed higher correlation between their reverberant and dry (i.e., no reverb) responses than non-musicians. Within the musician group, dry-to-reverberant response correlations were unchanged with increasing reverberation strength. In contrast, non-musicians' reverberant responses became increasing uncorrelated relative to their dry response with growing reverberation strength. These results indicate that the morphology of a musician's response in reverberant degraded listening conditions remains similar to their response morphology in dry (i.e., no reverb) conditions. The differential effect between groups suggests that reverberation does not degrade the musician brainstem response to speech, relative to their response in dry, to the same degree as in non-musicians. , spectrograms (C), and time-averaged FFTs (D) derived from FFR waveforms in response to the vowel /i/ in various amounts of reverberation. As indexed by the invariance of ACF magnitude at the fundamental period (i.e., F0 period = 1), increasing levels of reverberation has little effect on the neural encoding of pitch-relevant information for both groups (A-B). Yet, larger response magnitudes in musicians across conditions illustrate their enhanced neural representation for F0 in both dry and reverberant listening conditions (B). The effect of reverberation on FFR encoding of the formant-related harmonics is much more pronounced (C-D). As with the temporal measures, in both groups, the representation of F0 (100-130 Hz) remains more intact across conditions than higher harmonics (>200 Hz) which are smeared and intermittently lost in more severe amounts of reverberation (e.g., compare strength of F0 to strength of harmonics across conditions). However, as with F0, musicians demonstrate more resilience to the negative effects of reverberation than non-musicians showing more robust representation for F1 harmonics even in the most degraded conditions. ACF, autocorrelation function; FFR, frequency-following response; F0, fundamental frequency; F1, first formant.
2.4.
Behavioral F0 and F1 frequency difference limens
Group fundamental frequency (F0 DLs) and first formant frequency (F1 DLs) difference limens are shown in Figs. 6A and B, respectively. Musicians obtained voice F0 DLs approximately four times smaller than non-musicians, consistent with previous reports examining pitch discrimination in musicians and non-musicians (Kishon-Rabin et al., 2001; Micheyl et al., 2006; Strait et al., 2010) . A mixed-model ANOVA revealed significant main effects of group [F 1,6 = 154.49, p < 0.0001] but not reverb [F 3,18 = 0.59, p = 0.631]. These results indicate that although musicians were always superior to non-musicians at detecting changes in voice pitch (approximately 4 times better), reverberation itself did not hinder either group's overall performance. That is, within group, subjects performed equally well at detecting F0 differences in the mild, medium, and severe reverberation conditions as in the dry condition (i.e., no reverb). These results corroborate other studies which have shown that reverberation has little or no effect on F0 discrimination (Qin and Oxenham, 2005) .
For first formant discrimination, F1 DLs were roughly an order of magnitude larger than F0 DLs. In other words, participants were much poorer at detecting changes in the vowel's formant structure than they were at changes in pitch. A mixed-model ANOVA revealed significant main effects of group [F 1,6 = 30.28, p = 0.0015] indicating that musicians obtained better F1 DLs than their non-musician counterparts across the board (i.e., F1 DLs were approximately half as large in musicians). The main effect of reverb was also significant [F 3,18 = 15.16, p <0.001] . The group× reverb interaction was not [F 3,18 =0.85, p = 0.4827]. Within group, Tukey-Kramer multiple comparisons revealed that all participants performed significantly better (i.e., smaller F1 DLs) in dry and mild reverberation than in the medium and severe cases. In other words, subjects had more difficulty detecting changes in the vowel's first formant frequency when degraded by reverberation. These results are consistent with the reduced ability of listeners to discriminate changes in complex timbre (Emiroglu and Kollmeier, 2008) and formant structure (Liu and Kewley-Port, 2004) in noisy listening conditions. Taken together, our results indicate that although reverberation hindered performance (i.e., higher F1 DLs) in both groups, musicians were superior to non-musicians at detecting changes in formant structure.
Discussion
The results of this study relate to three main observations:
(1) increasing levels of reverberation degrades brainstem indicates that musicians' FFRs are more resistant to the negative effects of reverberation than non-musicians, especially in medium and severe conditions. Error bars represent ±1 SE. Group difference: *p < 0.01 and **p < 0.001.
encoding of formant-related harmonics but not F0 which appears to be relatively more resistant to reverberation; (2) neural encoding of F1 harmonics and F0 is more robust in musicians as compared to non-musicians in both dry and reverberant listening conditions indicating that long-term musical experience enhances the subcortical representation of speech regardless of listening environment; (3) these electrophysiological effects correspond well with behavioral measures of vowel pitch and first formant discrimination (i.e., F0 and F1 DLs), that is, more robust brainstem representation corresponds with better ability to detect changes in the spectral properties of speech.
Neural basis for the differential effects of reverberation on F0 and formant-related encoding
Several studies have proposed that the pitch of complex sounds may be extracted by combining neural phase-locking to the temporal fine-structure for resolved harmonics and phase-locking to the temporal envelope modulation resulting from interaction of several unresolved harmonics (Cariani and Delgutte, 1996a,b; Meddis and O'Mard, 1997; Sayles and Winter, 2008) . This latter pitch-relevant cue has been shown to degrade markedly with increasing reverberation, presumably due to the breakdown of temporal envelope modulation caused by randomization of phase relationships between unresolved harmonics (Sayles and Winter, 2008) . This means the pitch of complex sounds containing only unresolved harmonics will be severely degraded by reverberation. In contrast, for those containing both resolved and unresolved components, pitch encoding in the presence of reverberation must rely solely on the temporally smeared fine-structure information in resolved regions (Sayles and Winter, 2008) . The observation of little or no change in FFR phase-locking to F0 with increasing reverberation (Fig. 4 , see also supplementary data, Fig. S1 ) is consistent with the lack of degradation in low frequency phase-locked units in the cochlear nucleus encoding spectrally resolved pitch (Sayles and Winter, 2008; Stasiak et al., 2010) . Sayles and Winter (2008) suggest that both the more robust neural phase-locking in the low frequency channels in general and the more salient responses to resolved components increase their resistance to temporal smearing resulting from reverberation. It is also plausible that the slower rate of F0 change in our stimuli reduced the smearing effects of reverberation on the neural encoding of F0. However, it is not entirely clear why the encoding of the resolved first formant (F1) related harmonics in our FFR data showed greater degradation with increased reverberation. It is possible that this differential effect of reverberation on encoding may be due to the relatively greater spectrotemporal smearing of the formant-related higher frequency harmonics in our stimuli than the F0 component (see Fig. S1 ; Macdonald et al., 2010; Nabelek et al., 1989) .
Relationship to psychophysical data
Psychophysical studies have shown that reverberation can have dramatically detrimental effects on speech intelligibility (Nabelek et al., 1989; Plomp, 1976) and on the ability to discriminate one voice from another (Culling et al., 2003; Darwin and Hukin, 2000) in normal hearing individuals. That it is the reduction in the effectiveness of the envelope modulation as a cue for extraction of pitch of complex sounds is suggested by the inability of normal hearing individuals to distinguish high-numbered (unresolved) harmonics from band-filtered noise in the presence of reverberation (Sayles and Winter, 2008) . In contrast, the ability to discriminate a complex consisting of low-numbered (resolved) harmonics from noise is unaffected by reverberation. Our psychophysical data also show little or no effect of reverberation on the ability to discriminate F0 (pitch-relevant information) and is consistent with the observation of Sayles and Winter (2008) for their resolved stimuli (see also Qin and Oxenham, 2005) . The times smaller than non-musicians. For both groups however, reverberation has little effect on F0 DLs indicating that it does not inhibit voice pitch discrimination. (B) Musicians detect changes in voice quality related to vowel's first formant frequency better than non-musicians. However, in contrast to pitch, F1 DLs for both groups become poorer with increasing levels of reverberation suggesting that formant frequency discrimination is more difficult in challenging listening conditions. Error bars indicate ±1 SE.
complementary results between brain and behavioral measures indicates that the temporal encoding of pitch-relevant information for complex sounds in reverberation is mediated by preservation of the degraded fine-structure in the low frequency channels as the temporal envelope from high frequency channels is severely degraded. Paralleling our electrophysiological results, our psychophysical data showed a reduction in the ability to discriminate F1 related harmonics with increasing reverberation. Similar results have been reported for interfering noise which increases a listener's just noticeable difference (JND) for timbral aspects of musical instruments (Emiroglu and Kollmeier, 2008 ) and elevates vowel formant frequency DLs (Liu and Kewley-Port, 2004) . Formants are relatively distinct in the speech signal and do not have the same redundancies as harmonics contributing to pitch, i.e., formants do not have harmonically related counterparts whereas integer related harmonics all reinforce a common F0. Given their uniqueness, it is likely that the voice quality characteristics of speech, including formants, are more susceptible to the effects of reverberation than pitch. In addition, the reduced performance in F1 discrimination (but not F0) may be due to the greater smearing of the higher frequency F1 related harmonics in the stimulus compared to the smearing of F0 (Fig. S1 ).
Neural basis for musician advantage to hearing in reverberation
Our findings provide further evidence that experience-dependent plasticity is induced by long-term experience with complex auditory signals. Consistent with previous psychophysical reports (Kishon-Rabin et al., 2001; Micheyl et al., 2006; Pitt, 1994) , we observed that musicians' voice pitch (F0) and first formant (F1) discrimination performance was 2-4 times better (i.e., smaller DLs) than that of non-musicians (Fig. 6) . Complementary results were seen in brainstem responses where FFR F0 and F1 harmonic magnitudes were nearly twice as large in musicians as non-musicians (Fig. 4) . Therefore, musicians seem to have an advantage, and resilience (e.g., Fig. 5 ), in both their neural encoding and behavioral judgments of reverberant degraded speech. These data provide further evidence that the benefits of extensive musical training are not restricted solely to the domain of music. Indeed, other recent reports show that active engagement with music starting early in life transfers to functional benefits in language processing at both cortical (Chandrasekaran et al., 2009; Schon et al., 2004; Slevc et al., 2009 ) and subcortical Musacchia et al., 2008; Wong et al., 2007) levels. Our data also converge and extend recent reports associating these enhancements with offsetting the deleterious effects of noise babble (Parbery-Clark et al., 2009a) and temporal degradation (Krishnan et al., 2010a) on the subcortical representation of speech relevant signals.
From a neurophysiologic perspective, the optimal encoding we find in musicians reflects enhancement in phase-locked activity within the rostral brainstem. IC architecture (Braun, 1999 (Braun, , 2000 Schreiner and Langner, 1997) and its response properties (Braun, 2000; Langner, 1981 Langner, , 1997 provide optimal hardware in the midbrain for extracting spectrally complex information. The enhancements we observe in musicians likely represent a strengthening of this subcortical circuitry developed from the many hours of repeated exposure to dynamic spectro-temporal properties found in music. These experience-driven enhancements may effectively increase the system's gain and therefore the ability to represent important characteristics of the auditory signal (Pantev et al., 2001; Pitt, 1994; Rammsayer and Altenmuller, 2006) . Higher gain in sensory-level encoding may ultimately improve a musician's hearing in degraded listening conditions (e.g., noise or reverberation) as speech components would be extracted with higher neural signal-to-noise ratios (SNRs). A more favorable SNR may be one explanation for musicians' neurophysiological and perceptual advantages we observe here for speech-in-reverberation. Although noise masking and reverberation are fundamentally different interferences, they represent realistic forms of signal degradation to which listeners might be subjected. Yet, regardless of the nature of interference (noise or reverberation), musicians appear to show more resistance to these degradative effects (current study; Parbery-Clark et al., 2009a,b) .
Overwhelming empirical evidence localizes the primary source generator of the FFR to the inferior colliculus (IC) of the midbrain (Akhoun et al., 2008; Galbraith et al., 2000; Smith et al., 1975; Sohmer and Pratt, 1977) . However, because it is a far field evoked potential, the neurophysiologic activity recorded by surface electrodes may reflect the aggregate of both afferent and efferent auditory processing. Therefore, the experience-dependent brainstem enhancements we observe in musicians may reflect plasticity local to the IC (Bajo et al., 2010; Gao and Suga, 1998; Krishnan and Gandour, 2009; Yan et al., 2005) , the influence of top-down corticofugal modulation Luo et al., 2008; Perrot et al., 2006; Tzounopoulos and Kraus, 2009 ), or more probably, a combination of these two mechanisms working in tandem (Xiong et al., 2009) . Though none of these possibilities can be directly confirmed noninvasively in humans, indirect empirical evidence from the otoacoustic emissions (OAEs) literature posits that a musician's speech-in-noise encoding benefits may begin in auditory stages peripheral to the IC.
The cochlea itself receives efferent feedback from the medial olivocochlear (MOC) bundle, a fiber track originating in the superior olivary complex within the caudal brainstem and terminating on the outer hair cells in the Organ of Corti. As measured by contralateral suppression of OAEs, converging studies suggest that the MOC feedback loop is stronger and more active in musicians than non-musicians (Brashears et al., 2003; Micheyl et al., 1995 Micheyl et al., , 1997 Perrot et al., 1999) . Indeed, the MOC efferents have been implicated in hearing in adverse listening conditions (Guinan, 2006) and play an antimasking role during speech perception in noise (Giraud et al., 1997) . Therefore, it is plausible that a musician's advantage for hearing in degraded listening conditions (e.g., reverberation) may result from enhancements in SNR beginning as early as the level of the cochlea (Micheyl and Collet, 1996) . Although the FFR primarily reflects retrocochlear neural activity generated in the rostral brainstem, we cannot rule out the possibility that some amount of signal enhancement has already occurred in auditory centers preceding the IC. As such, the speech-in-reverberation encoding benefits we observe in musicians may reflect the output from these lower level structures (i.e., cochlea or caudal brainstem nuclei) which is further tuned or at least maintained in midbrain responses upstream.
3.4.
Reverberation differentially affects source-filter characteristics of speech
The source-filter theory of speech production postulates that speech acoustics result from the glottal source being filtered by the vocal tract's articulators. The fundamental frequency at which the vocal folds vibrate determines the pitch of a talker independently from the configuration of the vocal tract and oral cavity, which determine formant structure (i.e., voice quality) (Fant, 1960) . Together, these two cues provide adequate information for identifying who is speaking (e.g., male vs. female talker) and what is being said (e.g., /a/ vs. /i/ vowel) (Assmann and Summerfield, 1989) .
Recently, Kraus and colleagues have proposed a datadriven theoretical framework suggesting that the parallel source-filter streams found at a cortical level may emerge in subcortical sensory-level processing . FFRs convey, with high fidelity, acoustic structure related to both speaker identity (e.g., voice pitch) and the spoken message (i.e., formant information) and although these separate acoustic features occur simultaneously in the speech signal, they can be disentangled in brainstem response components. As such, Kraus and colleagues propose that brainstem encoding of speech may be a fundamental precursor to, or at least an influence on, the 'source-filter' (cf. pitch and formant structure) dichotomy found in speech perception.
Our results support the disassociation between pitch and formant structure put forth in this theoretical model. We found that FFR spectral (Figs. 3D and 4A ) and temporal (Figs. 3A-B) measures of F0 were relatively unchanged with increasing levels of reverberation in contrast to formantrelated harmonic magnitudes, which decreased monotonically with increasing reverberation (Fig. 4B) . Complementary results were seen in the behavioral data where first formant, but not voice pitch discrimination, was affected by reverberation (Fig. 6) . These results suggest that reverberation has a differential effect on the neural encoding of 'source-filter' components of speech. Similar differential effects on voice F0 and harmonics (i.e., source-filter) have been found in brainstem responses to noise degraded vowels. That is, source related response components (i.e., F0) are relatively immune to additive background noise whereas filter related components (i.e., formant structure/ upper harmonics) become degraded (Cunningham et al., 2001; Russo et al., 2004; Wible et al., 2005) . The similar differential effect on F0 and formant harmonics we observe here indicates that only the neural representation of 'filter' related components are appreciably degraded with reverberation with far less change in the neural representation of 'source' relevant information.
Conclusions
By comparing brainstem responses in musicians and nonmusicians we found that musicians show more robust subcortical representation for speech in quiet and in the presence of reverberation. Musicians have more robust encoding of the fine spectro-temporal aspects of speech which are cue talker identity (i.e., voice pitch) and speaker content (i.e., formant structure). We found that brainstem responses correspond well with perceptual measures of voice pitch and formant discrimination suggesting that that a listener's ability to extract speech in adverse listening conditions may, in part, depend on how well acoustic features are encoded at the level of the auditory brainstem. Reverberation hinders brainstem and perceptual measures of formant information but not voice pitch related properties of speech, F1 and F0 respectively. This differential effect may be one reason, for instance, why reverberation is tolerable (and often desirable) in concert music halls (Backus, 1977; Lifshitz, 1925) where pitch dominates the signal, but not in classrooms (Yang and Bradley, 2009) , where target acoustics are geared toward speech intelligibility. These results provide further evidence that long-term musical training positively influences language specific behaviors.
Experimental procedures
Participants
Ten adult English speaking musicians and ten adult English speaking non-musicians were recruited from the Purdue University student body to participate in the experiment. Participation enrollment was based on the following stringent prescreening criteria Krishnan et al., 2009a Krishnan et al., , 2010a : 20-30 years of age, right handed, normal hearing by self report, no familiarity with a tone language, no previous history of psychiatric or neurological illnesses, and at least eight years of continuous training on a musical instrument (for musicians) or less than three (for non-musicians). Upon passing these prescreening criteria, a series of questionnaires was used to assess the biographical and music history of all participants. Based on self report, musicians were amateur instrumentalists who had received at least 10 years of continuous instruction on their principal instrument (μ±σ; 12.0±1.8 years), beginning at or before the age of 10 (7.8± 1.6 years). Each had formal private or group lessons within the past 5 years and currently played his/her instrument(s). Non-musicians had no more than 3 years of formal music training (0.85± 1.0 years) on any combination of instruments in addition to not having received music instruction within the past 5 years (Table 1) . Individuals with 3-10 years of musical training were not recruited to ensure proper split between musician and non-musician groups. There were no significant differences between the musician (4 female and 6 female) and non-musician (6 female and 4 female) groups in gender distribution (p= 0.65, Fisher's exact test). All were strongly right handed (>81%) as measured by the Edinburgh Handedness inventory (Oldfield, 1971) and exhibited normal hearing sensitivity at octave frequencies between 500 and 4000 Hz. In addition, participants reported no previous history of neurological or psychiatric illnesses. The two groups were also closely matched in age (M: 22.4±2.0 years, NM: 22.0±2.7 years; t 18 = 0.38, p= 0.71) and years of formal education (M: 16.8± 2.4 years, NM: 16.2± 2.5 years; t 18 =0.55, p=0.54). All participants were students enrolled at Purdue University at the time of their participation. All were paid for their time and gave informed consent in compliance with a protocol approved by the Institutional Review Board of Purdue University.
Stimuli
A synthetic version of the vowel /i/ was generated using the Klatt cascade formant synthesizer (Klatt, 1980; Klatt and Klatt, 1990) as implemented in Praat (Boersma and Weenink, 2009 ). The fundamental frequency (F0) contour of the vowel was modeled after a rising time-varying linguistic F0 contour, traversing from 103 Hz to 130 Hz over the 250 ms duration of the stimulus (for further details see Krishnan et al., 2009b) . Time-varying F0 was used because reverberation has a larger effect on dynamic rather than steady-state properties of complex sound (Sayles and Winter, 2008) . Vowel formant frequencies were steady-state and held constant (in Hz): F1 = 300; F2 = 2500; F3=3500; F4=4530 Hz. The addition of reverberation was accomplished by time domain convolution of the original vowel with room impulse responses recorded in a corridor at a distance of either 0.63 m (mild reverb; Reverberation Time (RT 60 )≈0.7 s), 1.25 m (medium reverb; RT 60 ≈ 0.8 s), or 5 m (severe reverb; RT 60 ≈0.9 s) from the sound source (Sayles and Winter, 2008; Watkins, 2005) . In addition to the three reverberant conditions a "dry" vowel was used in which the original stimulus was unaltered. Following the convolution, the "tails" introduced by the reverberation were removed, the waveforms time normalized to 250 ms, and amplitude normalized to an RMS of 80 dB SPL. Normalization ensured that all stimuli, regardless of reverberation condition, were presented at equal intensities thus ruling out overall amplitude as a potential factor (Sayles and Winter, 2008) .
For details of the room impulses responses and their recording, the reader is referred to Watkins (2005) . Important features of the reverberation stimuli are presented in Fig. 1 ; (A-D) spectrograms and 70 ms portion of the time waveforms extracted from 80 to 150 ms and (E) FFTs computed over the duration of the response. Notice the more pronounced spectral smearing (induced by blurring in the temporal fine-structure of the waveform) and broadening of higher frequency components in the spectrograms and FFTs with increasing reverberation strength (see also Fig. S1 ). Conversely, note the relative resilience of the fundamental frequency (F0: 103-130 Hz) to these negative effects.
FFR data acquisition
FFR recording protocol was similar to previous reports from our laboratory Krishnan et al., 2009a) . Participants reclined comfortably in an acoustically and electrically shielded booth to facilitate recording of brainstem FFRs. They were instructed to relax and refrain from extraneous body movement to minimize myogenic artifacts. Subjects were allowed to sleep through the duration of the FFR experiment.
FFRs were recorded from each participant in response to monaural stimulation of the right ear at an intensity of 80 dB SPL through a magnetically shielded insert earphone (Etymotic ER-3A). Each stimulus was presented using rarefaction polarity and a repetition rate of 2.76/s. The presentation order of the stimuli was randomized both within and across participants. Control of the experimental protocol was accomplished by a signal generation and data acquisition system (Tucker-Davis Technologies, System III) using a sampling rate of 24,414 Hz. FFRs were recorded differentially between a non-inverting (+) electrode placed on the midline of the forehead at the hairline (Fz) and an inverting (−) reference electrode placed on the right mastoid (A2). Another electrode placed on the mid-forehead (Fpz) served as the common ground. Inter-electrode impedances were maintained at or below 1 kΩ. The EEG inputs were amplified by 200,000 and band-pass filtered from 70 to 3000 Hz (6 dB/octave roll-off). Sweeps containing activity exceeding ±30 μV were rejected as artifacts. In total, each response waveform represents the average of 3000 artifact free trials over a 280 ms acquisition window.
5.4.
FFR data analysis
Temporal analysis
Short-term autocorrelation functions (ACFs) (i.e., running autocorrelograms) were computed from individual FFRs to index variation in neural periodicities over the duration of the responses. The autocorrelogram (ACG) represents the short term autocorrelation function of windowed frames of a compound signal, i.e., ACG τ; t ð Þ = X t ð Þ × X t−τ ð Þ for each time t and time-lag τ. It is a three dimensional plot quantifying the variations in periodicity and "neural pitch strength" (i.e., degree of phase-locking) as a function of time. The horizontal axis represents the time at which single ACF "slices" are computed while the vertical axis represents their corresponding time-lags, i.e., periods. The intensity of each point in the image represents the instantaneous ACF magnitude computed at a given time within the response. Mathematically, the running autocorrelogram is the time domain analog to the frequency-domain 
0.85 (1.0) 11.3 (2.06) a a Age of onset statistics for non-musicians was computed from the six participants with minimal musical training.
spectrogram. In terms of neurophysiology, it represents the running distribution of all-order interspike intervals present in the population neural activity (Cariani and Delgutte, 1996a; Sayles and Winter, 2008) .
Spectral analysis
Fundamental frequency (F0) information provides pitch cues used for speaker identification (e.g., male vs. female talker) while harmonic structure and spectral envelope provide formant cues (e.g., vowel quality) used to decipher what is actually being said Summerfield, 1989, 1990; Palmer, 1990) . Importantly, formant structure and voice fundamental frequency can be considered independent features in speech acoustics. Therefore, we chose to treat F0 and F1 related harmonic encoding of the FFR as distinct elements and analyze them separately. The spectral composition of each FFR response waveform was quantified by measuring the magnitudes of the first four harmonics (H1 = F0, H2, H3, and H4 = F1 related harmonics). Individual frequency spectra were computed over the duration of each FFR by taking the FFT (5 Hz resolution) of a timewindowed version of the temporal waveform (Gaussian window). For each subject and condition, the magnitudes of F0 (i.e., H1) and its harmonics (H2-H4) were measured as the peaks in the FFT, relative to the noise floor, which fell in the same frequency range as those of the input stimulus-F0: 100-135 Hz, H2: 200-270 Hz; H3: 300-400 Hz; H4: 405-540 Hz (see stimulus Fig. 1 ). For the purpose of subsequent discussion and analysis, strength of pitch encoding is defined as the magnitude of F0 and the strength of formant-related encoding as the mean spectral magnitude of harmonics H2-H4 (cf. Banai et al., 2009; Strait et al., 2009 ). Loworder harmonics (i.e., H2-H4) also contribute to pitch as do all harmonically related spectral components. However, H2-H4 are proximal to the first formant in our stimuli (Fig. 1) , and therefore, also provide cues for the quality of the vowel given their contribution to the formant structure. While we realize that this dichotomy is an overly simplistic view of speech processing, perceptual Summerfield, 1989, 1990 ) and electrophysiological evidence suggest that these two parameters provide adequate information for speaker segregation (i.e., identifying who is talking) and verbal identification (i.e., determining what is being said), respectively. In addition to measuring harmonic peaks, narrowband spectrograms were computed from FFRs per condition to assess how spectral content changes with time. All data analyses were performed using custom routines coded in MATLAB® 7.9 (The MathWorks, Inc., Natick, MA).
Dry-to-reverberant response correlations
To measure the effects of reverberation on FFR morphology, the degree of correlation between reverberant and dry responses was computed for each participant. Correlations coefficients were computed by first temporally aligning the reverberant and dry response waveforms by maximizing their cross-correlation (e.g., Galbraith and Brown, 1990; Parbery-Clark et al., 2009a) . Only the steady-state portions of the FFRs were considered in this analysis (15-250 ms). The dry-to-reverberant correlation was then computed as the correlation (Pearson's r) between the two response waveforms. Three such correlations were performed for each participant (i.e., dry-to-mild, dry-to-medium, and dry-to-severe). Higher values of this metric indicate greater correspondence between neural responses in the absence and presence of reverberation.
5.5.
Behavioral voice pitch and formant discrimination task Four musicians and four non-musicians who also took part in the FFR experiment participated in the perceptual task. Behavioral fundamental (F0 DL) and formant frequency difference limens (F1 DL) were estimated for each reverberation condition using a measure of individual frequency discrimination thresholds (Bernstein and Oxenham, 2003; Carlyon and Shackleton, 1994; Hall and Plack, 2009; Houtsma and Smurzynski, 1990; Krishnan et al., 2010) . F0 DLs and F1 DLs were obtained in separate test sessions. For each type of DL, testing consisted of four blocks (one for each reverb condition; dry, mild, medium, and severe) in which participants performed a threealternative forced choice task (3-AFC). For a given trial within a condition, they heard three sequential intervals, two containing a reference stimulus and one containing a comparison, assigned randomly. For F0 DL measurements, the reference /i/ vowel had fixed formant frequencies (F1 = 300; F2 = 2500; F3 = 3500; F4 = 4530 Hz) and a F0 frequency of 115 Hz. The comparison stimulus was exactly the same only F0 was varied adaptively based on the subject's response. In contrast, when measuring F1 DLs, the reference and comparison /i/ vowels contained the same F0 frequency (115 Hz), as well as second, third, and fourth formants (F2 = 2500; F3 = 3500; F4= 4530 Hz). Only F1 differed between the standard and comparison. For both types of DLs the procedure was identical. The subject's task was to identify the interval in which the vowel sounded different. Following a brief training run, discrimination thresholds were measured using a two-down, one-up adaptive paradigm which tracks the 71% correct point on the psychometric function (Levitt, 1971) . Following two consecutive correct responses, the frequency difference was decreased for the subsequent trial, and increased following a single incorrect response. Frequency difference between reference and comparison intervals was varied using a geometric step size of ffiffiffi 2 p between response reversals. For each reverberation condition, 16 reversals were measured and the geometric mean of the last 12 taken as the individual's frequency difference limen, that is, the minimum frequency difference needed to detect a change in the vowel's voice pitch (for F0 DL) or first formant (for F1 DL), respectively.
Supplementary materials related to this article can be found online at doi:10.1016/j.brainres.2010.07.100.
